Industry leaders are currently setting out standards for 5G networks projected for 2020 or even sooner. Future generation networks will be heterogeneous in nature as no single network type will be capable of optimally meeting all the rapid changes in customer demands. With the advent of multi-homed devices and heterogeneous network (HetNet) solution, great concerns arise in the processes involved for successful handover. Active calls that get dropped or cases of poor quality of service experienced by mobile users can be attributed to the phenomenon of delayed handover (HO) or an outright case of an unsuccessful handover procedure. This work compares multiple criteria handover basis to its traditional single relative signal strength (RSS) base counterpart. It analyses the performance of a fuzzy-based VHO algorithm scheme in a Wi-Fi, WiMAX, UMTS and LTE integrated network using OMNeT++ event simulator. The loose coupling network architecture is adopted and simulation results analysed for the two major categories of handover; the multiple and single criteria. Results obtained show a better overall throughput, better call dropped rate and shorter handover time for the multiple criteria based decision method as compared to the single criteria based technique. This work also highlights current research trends, challenges of seamless handover and initiatives for Next Generation HetNet.
Introduction
There is a consensus in the research community that there is an increase in the number of mobile users. At the end of 2017, the number of phone users was pegged at about 2.32 billion as shown in Figure 1 [1] . In the second quarter of 2011, wireless interoperability for microwave transmission (WiMAX) technology broke the 20 million global subscriber mark which is an evidence of the exponential growth of mobile users [2] . Operators therefore need to increase their network capacity to provide efficient network services to meet this growing demand. This may probably be achieved by upgrading the technological facilities to increase spectral efficiency (5G Internet of Things-IoT), frequency reuse (cell splitting), off-loading data traffic through femtocells or wireless fidelity (Wi-Fi) access points. When integrating different radio access technology (RAT) for improved quality of service, consideration should be given to the mobility of users, and the service employed should allow users the choice of RAT which best suits the required multimedia application (user needs); always best connect (ABC).
In the past, existing mobile devices were not equipped to connect to more than one access network simultaneously. However, in recent times, mobile devices are now equipped to physically connect to multiple data links of same or different RATs. With this development, the seamless transfer of active mobile services from one RAT to another becomes a major source of concern, as handover process will occur frequently and simultaneously. To achieve this, the IEEE802.21 standard created a framework designed to support all the protocols required for the seamless handover process; detecting networks within range and executing the handoff. This paper focuses on the performance of the single criterion and multiple criteria methods of handover in heterogeneous wireless networks. The single criterion parameter that is investigated is the traditional relative signal strength indicator (RSS) while the parameters for the multiple criteria are; Figure 1 . Number of smartphone users in the world (in billions) [1] . relative signal strength indicator (RSSI), available bandwidth, jitter and cell coverage radius also referred to cell area in this work. We aim at preventing degradation of both real-time services (voice/video) and non-real-time services (SMS, MMS and web services) during mobility. This will ultimately translate to good quality of service (QoS) for multiple and single users. In addition, we also:
1) Present insights into the selection of handover (HO) schemes and HO design parameters,
2) Create an environment that will adequately simulate the HO scenario and show how the OMNeT++ Framework suits the simulation of communication networks.
The main contribution of this work is the description of a comparison between the handover approaches identified as traditional and state-of-the-art in the research community. We present a framework that adequately shows superiority in the provision of seamless handover between the two. The functionalities and roles of components of the framework in optimization is also explained.
As developed countries gear towards the implementation and deployment of 5G in 2020, developing countries without 5G infrastructure can benefit from this study in the area of adopting effective handover selection scheme. An effective handover selection scheme greatly optimizes network performance. In addition to the above, this study will further assist studies geared towards establishing handover index for vertical handover evaluations.
The rest of the paper is organized as follows: Section 2 presents the fundamental principles, concepts and techniques of HO. In Section 3, we highlight the system model and design methodology adopted. Furthermore, this section gives an insight into the key parameters for HO from the developmental stage to the conclusion stage. Section 4 introduces Fuzzy inference system, defines the universe of discourse and improves the network selection process. Analysis of the simulation results are presented in Section 5 while Section 6 concludes the paper with suggestion of possible research directions.
Fundamental Principles of Handover
Handover criteria are the qualities that are taken into consideration or measured with the aim of indicating if handover is necessary. In HetNet, other parameters such as offered services, monetary cost, network conditions and user preferences must be evaluated for vertical handover decision policy. More criteria are needed to allow the terminal capability to decide the appropriate time to perform the handover as well as for user choice and intervention (user preferences among different access technologies) [5] . In the advent of a combination of all these criteria, we expect complexity in the VHO process, due to their dynamicity.
System Model
In this section, we define the problem and our approach. The circumscription, knowledge and goal operations are direct result of understanding the problem.
We identified the problem of poor QoS and quality of experience (QoE), which we attribute to the type of handover mechanism implemented in HetNets. Design process presents a mental model for presenting and evaluating systems [6] . Figure 2 shows the general design cycle adopted in this paper, which is similar to the popular design research method described in [7] .
We use the Fuzzy based handover selection technique, together with a simple weighing technique which optimizes the selection process. Fuzzy systems are mathematical means of representing vagueness and imprecise information, it is widely used for inference and control problems compared to other algorithms [8] . The weighing technique is necessary due to the factors the algorithm needs to consider before making a decision to initiate the handover process. We employ Figure 2 . Design cycle [7] . OMNeT++ simulation together with MiXiM framework is used for the implementation and simulation of this work because it accounts for the basic requirements mentioned above and it is also user friendly. The development stage starts with the implementation of the Fuzzy logic inference system (FIS), integration of the handover codes generated from the Fuzzy tool box in MATLAB, developing the codes for the HetNet using the inbuilt framework of the simulator and defining all other parameters and constraints experienced in real case scenarios such as obstacles, interference and fading.
Evaluation in Engineering often means a repetitive or iterative number of repetition while adjusting various input variables and holding certain variables constant. In our case, we write codes for the simulation of the two basic handover types as defined in this work (multiple criteria and single criterion), and then execute the simulation run for both handover types for a fixed duration.
The event logs are recorded for all the simulation trials to verify the output results and then our conclusions/solutions are based on all the scalar and vector results obtained.
Fuzzy Inference System
There are various techniques developed for the process of network selection;
however, there are three main issues of great consideration which are fundamental to the various techniques. First is the issue of identifying and selecting the most appropriate parameters. Secondly, the identification of an algorithm which can adequately exploit these identified parameters. Lastly, the application of a weighting technique to weigh each criterion. To achieve this, four main se- 
In set theory operations, intersection and union represent "and" and "or" respectively. Similarly, the Fuzzy logic conjunction and disjunction represent "and"
and "or" respectively. Various articles have different choices for these operations, however, we will adopt the minimum (min) and maximum (max) to represent the operations. Also, just as in set theory, the intersection of two Fuzzy sets A and B can be expressed as another Fuzzy set C = A AND B with membership functions common to the Fuzzy sets A and B.
More so, the union of two Fuzzy sets A and B is expressed as a third Fuzzy set C = A OR B.
The FIS is a system which computes and arrives at a conclusion based on the facts fed into it. We are focusing on ensuring QoS in order to guarantee QoE by the user. To guarantee QoS, the network operators control certain factors such as available bandwidth, delay, jitter etc. During handover, we may expect packet loss, latency and other drawbacks, thus we are compelled to consider the degree of seamlessness of the handover process. It is obvious that assigning an accurate and definite number to this degree of seamlessness in the handover process is not practical. This also is a reason why the Fuzzy based approach is adopted. The selected parameters are useful from a network service and technical point of view. The four (4) input parameters fed into the system operating a Fuzzy based decision handover mechanism are; available bandwidth, RSSI, jitter and cell radius (ranked items). The Mamdani FIS is used because it is known to be suited to human input; it is intuitive and widely accepted. This aggregation provides a unified value that spans across multiple attributes.
A. Edia et al.
Structuring the problem (decision making) requires identification of the attributes which characterizes the decision-making problem. A structure is therefore determined to be either hierarchical or flat. Next, the multiple attributes (alternatives) are also evaluated with respect to the problem structuring phase, 
From (4), it is seen that networks seamless manner for service continuity. The preference for the handover will be modelled as the weights assigned to the parameters, and the rank order centroid (ROC) is used. This method simply assigns weights to a number of parameters ranked in order of their importance. These ranks are inputs which are converted to weights for each of the parameters required for handover. The conversion for the ranks is performed based on Equation (5).
where M is defined as the number of network parameters considered for hand-
W is the weight attributed to the i th parameter. Take for instance the four network parameters mentioned above, after assigning an order of importance, the item ranked first will be weighted as This single output (handover factor) from the defuzzifier is then used to determine if handover is required, as it is compared to a pre-set threshold of 0.85 (that is if handoff factor from FIS > 0.85 initiate handoff).
Each input parameter fed into the FIS will be attributed to one of the three defined Fuzzy sets: {Strong (S), Medium (M) and Weak (W)}. For example, the performance metrics RSS set value will consist of the linguistic terms S, M and W. Each of these sets is then mapped to a corresponding Gaussian membership function. Traditionally, the RSSI is usually expressed in decibel with a given range between 0 to −120 dB with 0 been the strongest. RSSI levels less than −80 dB may not be useable depending on the noise level [8] . This has guided our selection of the RSSI universe of discourse. Wi-Fi signal strength is usually expressed as quality in percentage or an RSSI value in decibel. An appropriate correlation between the percentiles and relative signal strength can be described as; dB ≥ −50 dB = 100% quality or dB ≤ −100 dB = 0% quality (6) In this paper, we define the universe of discourse for parameter 1, the RSSI is −78 dBm to −66 dBm with the maximum RSS as −66 dBm. This RSSI range describes the relation between received power and transmitted power with respect to the distance between the nodes.
where r p is the received power, t p is transmitted power, d is distance between the nodes and n is the transmission factor which depends on the propagation environment. Ten times the logarithm of both sides yields; 10 log 10 lo 10 g log
The transmitted power expression is converted to dBm and written as;
The value of A and n determine the relationship between the strength of received signals and distance of transmission. Based on this underlying principle and the playground area of the internetwork, we arrived at the RSSI range. Research generally agrees that acceptable signal strengths −30 dBm is the maximum achievable signal strength and is not typical in the real world. A signal strength of −67 dBm is classified as very good as it is seen to be the minimum signal strength for applications that require timely delivery of data packets and reliability [9] . Signal strength of −70 dBm is also okay for services such as email and web services; −80 dBm and delivery may be unreliable. At 90 dBm, it is known that we are approaching or drowning in the noise floor and functionality is unlikely.
For parameter 2, the available bandwidth has a universe of discourse defined from 0 to 80 kbps. The network jitter has its universe of discourse defined between 0 to 10. Lastly, the cell coverage radius which is used interchangeably with cell network coverage area in this paper has an area between 1 m to 300 m defined as its universe of discourse for both the UMTS and Wi-Fi networks. Table 1 to Table 5 define the membership functions and mappings to corresponding ranges in the universe of discourse as implemented in the simulation.
We thereafter define the five handover factor ranges for the one output handoff factor, as shown in Table 5 . The maximum number of Fuzzy rules generated is 4 3 81 = because we have four input parameters fed into the FIS and three Note that all the rules are assigned the same weight 1. Now, considering a mobile node currently serviced by the Wi-Fi access network; as it moves to a region where other access networks are available, the multi-modal device starts receiving pointers about the entire input variables for the network interface (available bandwidth, RSS, coverage area and network jitter). As these crisp input variables are fed into the FIS, its output is compared to the network performance of the current serving access network and then a decision is made on works with the widely accepted and know threshold for transmission of voice traffic (VoIP) which emphasizes that the delay and jitter should be considerably less than 300 ms and 150 ms respectively; while packet loss must be less than 1%
and 3% for video and voice, to avoid sound ineligibility to the human ear [11] .
This threshold setting, also serves as the basis for the classification of the linguist variables (strong, medium and weak) defined earlier in this work and the outcome generated by the Mamdani triangular membership function. The score of each network is informed by the output of the Fuzzy system (defuzzification) and the output from the ROC from each criterion, bearing in mind the weights are based on the importance of the parameter with respect to the type of traffic.
Take for instance, the mobile user has voice and file download applications running; the network preference is modelled as weights for the handover criteria W v Figure 3 . Fuzzy, ROC architecture. 
Simulation Performance and Results
In any communication network system, the commonly transmitted traffic types are video, voice and data. The performance evaluation of these traffic types does not only depend on the traffic, but also on the technologies, the overall structure of the network (wireless or wired) and other factors such as the distance/speed of the user equipment from the base station. OMNeT++ provides different CODEC types; we select the G.711 CODEC scheme which supports pulse code modulation (PCM) and has a compression/decompression delay of 0.02 seconds each.
The type of service used for the VoIP call is the interactive voice. We set the start time with an offset of "60" + start time (seconds) so that the establishment of the VoIP call application is repeated until the simulation runtime is completed. In OMNeT++, the packet delay variation (PDV) is arrived at by computing the variance of the packet delay and the end-to-end of the total voice packet delay calculated as continuous media (interactive and non-interactive applications), to achieve acceptable quality for animated images and sound, a bound on the delay and jitter is required. As earlier stated, a jitter of less than 150 ms for one way or overall of less than 300 ms is recommended by the International Telecommunications Union (ITU), while packet loss must not exceed 3% [12] [13], otherwise the sound is illegible to the human ear. In the case where the jitter is more than the above-mentioned time limits, a notification is generated to activate techniques that prevent VoIP jitter [14] . Such techniques include; prioritizing VoIP traffic over the network, reserving more bandwidth for real-time conversations and optimizing packet size and jitter buffering. Table 6 shows the network parameters used for the simulation.
We employ the OMNeT++ event simulation framework because it simulates and optimizes WSN nodes, the node is split into modules modelled separately [15] . After launching the simulator, we activated an event log recording to provide us with inputs for the sequence chart for the length of simulation time (that is, as the mobile nodes switch from one access point to another in the course of its movement). A number of handoff decision algorithms have been proposed in literature, there is still a lack of performance comparisons between schemes [16] . For the purpose of comparison, we look at the single case scenario. The
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integrated network is designed such that there is an overlap of the access technologies employed throughout the playground area.
Furthermore, Figure 4 shows the topology for a single terminal node. The handover network statistics of a single node is analysed to show details captured by the simulator during the handover process. The statistics of the mobile node (0) is captured during the handover of the terminal from the Wi-Fi to the UMTS network and it shows that node (0) records no packet loss or dropped packets during the transmission /transfer of service. This statistic is gotten at a random time during the simulation run at a constant speed by the mobile node (0).
The RSSI based script defines two different thresholds; upper ( Consider two base transmission stations BTS1 and BTS2 at a distance D meters; a mobile node moving away from BTS1 towards BTS2 at a certain speed will receive signal levels from the two BTS's according to (13) and (14) ( ) ( ) ( ) ( ) 
( )
We also ran a simulation script for the RSSI based handover algorithm to compare throughput performances of both techniques shown in Figure 5 . Network throughput is simply the average rate of messages delivered successfully through the communication channel (with the delivery channel either a logical or physical link).
( ) total bytes sent 8 throughput time last packet was sent time first packet was sent bits sec
The simulation plots shown in Figure 5 clearly show that the Fuzzy based handover algorithm has better overall throughput compared to its traditional RSSI based counterpart. We can also infer from the throughput that the average end-to-end delay for the Fuzzy based handover is lesser when compared to that of the RSSI based. When the VHO manager selects a preferred network, the MT disconnects from its current serving network. In some instances, this disconnection process is automatic (in cases where the remote authentication server keeps the authentication state for a certain period).
As the mobile user continues to move while a traffic session is active, the network response time is captured in Figure 6 . The Wi-Fi network shows a better response time when compared to the UMTS network which has a wider coverage area while the WiMAX shows a better response time due to its higher data rates when compared to both. LTE, due to its high data rates, records no delay when the Fuzzy algorithm is applied to the nodes thereby providing a stable QoS for the running service of the traffic type.
This simulation results show that the Fuzzy based technique considered the handover factor as recorded by all the access points that the mobile nodes receive signals from before selecting the best network. From the plot of the delays experienced by the various networks, we see that the WiMAX network exhibits an average delay variation of about 0.08 s, UMTS has a larger delay variation average of about 0.26 s while the Wi-Fi exhibits a delay variation average of 0.14 s.
One of the most important performance metrics in VoIP analysis is Packet end-to-end delay, since it is known that voice streams should be transmitted timely. Packet-end-end delay is the time it takes for a packet to be transmitted from source to destination encompassing the other delays mentioned earlier.
The ITU standards stipulates that the average end-to-end delay should be less than 50 ms.
As shown in Figure 6 , the average delay in WiMAX appears steady as com- (RSSI and FUZZY MADM) shows that the data sent for VoIP was less with RSSI and substantially greater after MADM's application to the node interfaces. This variation from the two statistics can be used to arrive at the amount of data dropped for the running VoIP application. Figure 9 shows a scattered plot of the activity of the ten mobile nodes used in the simulation at randomly selected time and distance. The plot is a capture of the sent packet status of the mobile devices as they transit the network playground. Sent packet rates are important because they have direct consequences on the end-2-end delay, which in turn affects the average throughput. This is so because in cellular networks, packets are transmitted via several network links, typically in segments before reconstruction takes place at the receiver end. Mechanisms like ARQ are employed to retransmit corrupted data automatically. This is the main reason for the packet delay, which ultimately influences the end-2-end delay mentioned above. During the simulation, we observed that packets arrive the destination in bursts and the inter-packet arrival time showed that these bursts or clusters arrive at a time difference of approximately 13 ms interval. A plot of the individual inter-packet arrival time of each of the network will show the time differences of packet delivery in the different access technologies. The scattered plot for the bandwidth usage shows node 1 has the highest usage of about 82 kbps and each of nodes 0, 3, 6, 8 and 9 have a consistent average value of 51 kbps. Figure 10 shows the handover probabilities of the HetNet at different locations during the event simulation. It can be seen that from the beginning of our simulation observation, the access technology providing services to the mobile user measures good QoS parameters. It shows that all the mobile users in that region serviced by either of the three radio access technologies experience good QoE, thus there is no need for a handover procedure to be initiated during that time phase. As the event simulation runs and some of the network parameters change, there is a change in the throughput of the various networks and subsequent degradation of network services and thus the probability of handing over arises. Int. J. Communications, Network and System Sciences A. Edia et al. 
Conclusions
This paper has attempted to analyse the multi criterion and single criteria basis Future work will focus on further enhancement of intelligence in the network selection mechanisms (artificial intelligence, augmented reality).
